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DETAILED ACTION 

This is the initial response to the application filed November 5, 2003. Claims 1-7 are 
pending and are considered below. 

Claim Objections 

Claims 2, 6 and 7 are objected to because of the following informalities: 
Claim 2 recites "WNR", however a specific definition of the acronym is not 

provided. In addition, claims 2 uses variables, such as a,x n and s n , which are not 

defined. 

Claims 6 and 7 use the variable A e which is not specifically defined. 
Appropriate correction is required. 



Claim Rejections - 35 USC §112 

The following is a quotation of the second paragraph of 35 U.S.C. 112: 

The specification shall conclude with one or more claims particularly pointing out and distinctly 
claiming the subject matter which the applicant regards as his invention. 

Claims 2,3 and 6 are rejected under 35 U.S.C. 112, second paragraph, as being 
indefinite for failing to particularly point out and distinctly claim the subject matter which 
applicant regards as the invention. 

Claim 2 recites the terms "host signal" and "audio signal" which are both used to 
refer to the variable x n , therefore making in unclear which signal x n corresponds to. The 
examiner considers the use of " an audio signal" as a typographical error, and interprets 
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it as " an host signal", this interpretation used throughout the remainder of this 
application. 

Claim 2 also recites the limitation "the scale a ". There is insufficient antecedent 
basis for this limitation in the claim. The examiner interprets "the scale a " as the, scale 
factor commonly used during uniform scalar quantization, as is know in the art. This 
interpretation used throughout the remainder of this office action. 

Claims 3 and 6 recite, "estimating a scale factor", however it is unclear by this 
term if the scale factor refers to the scale factor used during uniform scalar coding at the 
encoder, or a value of the amplitude modification, or scaling, of the watermarked signal 
as it is transmitted and received at the decoder. The examiner interprets "estimating a 
scale factor" as "estimating an amplitude scale rate", i.e. estimating the amplitude 
modification of the encoded watermarked signal received at the decoder. This 
interpretation is used throughout the remainder of this office action. 

Claim 3 recites the limitation "the amplitude-scaling". There is insufficient 
antecedent basis for this limitation in the claim. Therefore the examiner interprets this as 
"the amplitude scale rate", this interpretation used throughout the remainder of this 
office action. 
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Claim Rejections - 35 USC § 103 

The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

Claims 1,4 and 5 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Tewfik (6,061 ,793) in view of Sudharsanan (5,764,698). 

As per claims 1 and 4, Tewfik discloses an amplitude-scaling resilient audio 
watermarking encoding apparatus based on a quantization, comprising: a filterbank for 
dividing an inputted audio signal into a plurality of subbands (column 4 lines 37-38); a 
psychoacoustic module for applying a psychoacoustic model to the inputted audio 
signal to provide a signal-to-mask ratio (SMR) (column 4 lines 33-35 and 38-40); a 
synthesis filterbank for synthesizing the divided and watermarked subband signals to 
output a watermarked audio signal (Figure 4(b), the output of the encoder is an audio 
signal comprising the original signal plus the watermark, therefore it is inherent that the 
subbands were synthesized in order to output an audio signal), and transmitting 
watermarked audio signal and the encoding parameter (column 1 lines, watermarking is 
used to provide proof of authorship in media data, therefore the watermarked signal and 
the encoding parameter must be sent, in order to validate the proof of ownership). 
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Tewfik does not explicitly disclose the use of a polyphase filterbank to divide the audio 
signal into subbands, or a watermark encoder for evaluating an encoding parameter 
from the plurality of subbands according to the signal-to-mask ratio (SMR) provided 
from the psychoacoustic module and embedding the encoding parameter and a 
watermark into subbands having middle frequency subbands among the plurality of 
subbands. However, Tewfik does disclose that in order to provide for robustness of 
data, hidden data is often spread out amongst a spectrum, including middle frequency 
subbands, using known spread-spectrum techniques (column 3 lines 28-30). In addition, 
Sudharsanan discloses that, according the MPEG audio encoding standard, an audio 
signal is divided into subbands (column 3 lines 48-49), and the signal-to-mask ratio for 
each subband is determined, then used to determine the quantizer step value (encoding 
parameter)(column 4 lines 64-67); the scale factor and the quantizer step size then sent 
to a receiver for use during decoding. Also, official notice is taken that it is well known 
on the art to use a polyphase filterbank for dividing an input audio signal into a plurality 
of subbands. Polyphase quadrature filters are used as part of MPEG-1 layer I and II, in 
order to provide a subband-coding scheme which attempts to preserve the original 
signal as much as possible using bit allocation based on the psychoacoustic model. 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to have a watermark encoder for evaluating an encoding parameter 
from the plurality of subbands according to the signal-to-mask ratio (SMR) provided 
from the psychoacoustic module and embedding the encoding parameter and a 
watermark into subbands having middle frequency subbands among the plurality of 
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subbands in Tewfik, since the SMR is a known and reliable method of determining a 
masking threshold; also, embedding parameters at middle frequency subbands enables 
robustness of data, as indicated in Tewfik (column 3 lines 30-35). 

In addition, it would have been obvious to one of ordinary skill in the art at the 
time of the invention to use a polyphase filterbank in Tewfik, since it is a know method 
for producing subbands from an audio signal, with available software or hardware 
implementation techniques. 

As per claim 5, Tewfik in view of Sudharsanan disclose the method of claim 4, and 
Tewfik further discloses wherein the step of encoding the watermark is performed by 
embedding the watermark in middle frequency subbands (column 3 lines 28-30, hidden 
data is spread amongst the frequency spectrum, including middle frequency subbands, 
based on known spread-spectrum techniques). 

Claim 2 is rejected under 35 U.S.C. 103(a) as being unpatentable over Tewfik in 
view of Sudharsanan, and further in view of Eggers ("Estimation of Amplitude 
Modifications before SCS Watermark Detection" SPIE January 2002). 

As per claim 2, Tewfik in view of Sudharsanan disclose the amplitude-scaling resilient 
audio watermarking encoding apparatus of claim 1 , and Sudharsanan further discloses 
wherein the watermark encoder includes: a parameter evaluator for evaluating the 
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encoding parameter value (.DELTA.. sub. e,. alpha.) from the signal-to-mask ratio 
provided from the psychoacoustic model (column 4 lines 45 - 67, a scale factor is 
determined, as well as a quantizer step size using the SMR). However neither Tewfik or 
Sudharsanan disclose an estimation value (WNR) of a noise intensity determined by a 
specification of a lossy compression; a quantizer for performing an uniform scalar 
quantization with respect to an audio signal x.sub.n according to the quantizer step size 
. DELTA.. sub.e of an encoder by using a quantizer selected by a watermark d.sub.n; an 
adder for subtracting the host signal x.sub.n from an output of the quantizer; a multiplier 
for multiplying an output of the adder by the scale .alpha.; and an adder for adding an 
output of the multiplier to the host signal x.sub.n to output a watermarked subband 
signal s.sub.n. Eggers discloses an estimation value (WNR) of a noise intensity (page 
8, first paragraph, an estimation of system performance is calculated using for a range 
of WNR values (estimation WNR value)), a quantizer for performing uniform scalar 
quantization according to quantizer step size selected by a watermark (page 2, section 
2. SCS Watermarking and AWGN and Amplitude Scaling Attack, third paragraph, the 
system is quantized using scalar uniform quantizers, where the quantizer step size is 
codebook parameter), an adder for subtracting the host signal x.sub.n from an output of 
the quantizer, a multiplier for multiplying an output of the adder by the scale .alpha., and 
an adder for adding an output of the multiplier to the host signal x.sub.n to output a 
watermarked subband signal s.sub.n (page 2, equation (3)). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use an estimation value (WNR), perform uniform scalar quantization 
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according to a quantizer step size, have an adder for subtracting the host signal x.sub.n 
from an output of the quantizer, a multiplier for multiplying an output of the adder by the 
scale .alpha , and an adder for adding an output of the multiplier to the host signal 
x.sub.n to output a watermarked subband signal s.sub.n in Tewfik and Sudharsanan, 
since the WNR value can be used to estimate the accuracy of different pilot sequences, 
as indicated in Eggers (page 7-8, section 3.4 Estimation performance for different 
LpHot). In addition, uniform scalar quantization and the aforementioned mathematical 
operations on the host signal provide a watermarking scheme, based on the scalar 
costa scheme, which provides more reliable communication, even for strong attacks, as 
indicated in Eggers (page 1, section 1 . Introduction). 

Claims 3,6 and 7 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Eggers in view of Moon ("The Expectation-Maximization Algorithmn" IEEE 1996), 
further in view of Tewfik, and further in view of Quatieri (Discrete -Time Speech Signal 
Processing, Principles and Practice, Prentice Hall 2002) 

As per claim 3, Eggers discloses an amplitude-scaling resilient audio watermarking 
decoding apparatus based on a quantization, comprising: estimating an scale factor 
(amplitude scale rate) from an encoding parameter contained in the received audio 
signal and a watermarked subband (page 1, section 1. Introduction, third and fourth 
paragraphs, the system is designed to estimate amplitude modifications prior to Scalar 
Costa Scheme watermark detection), a watermark decoder for extracting a watermark 
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considering the quantizer step size (page 3, section 3. Estimation based on SCS pilot 
sequences, the adjusted quantization step size is used for watermark reception), and 
generating the quantizer step size . DELTA.. sub.d of a decoder according to the 
amplitude-scaling (page 3, section 3. Estimation based on SCS pilot sequences, first 
paragraph, the quantizer step size used at the receiver, or decoder, is adjusted based 
on the scale factor g). However, Eggers does not explicitly state a polyphase filterbank 
for dividing a received audio signal into the predetermined number of subbands, an 
expectation maximization (EM) estimator for estimating an scale factor from an 
encoding parameter contained in the received audio signal and a watermarked subband 
according to an EM algorithm, a watermark decoder for extracting a watermark from a 
subband corresponding to the middle frequency considering the quantizer step size, 
and an integrated determiner for integrating outputs of the watermark decoder to 
determine a watermark. Official notice is taken that it is well known on the art to use a 
polyphase filterbank for dividing an input audio signal into a plurality of subbands. 
Polyphase quadrature filters are used as part of MPEG-1 layer I and II, in order to 
provide a subband-coding scheme which attempts to preserve the original signal as 
much as possible using bit allocation based on the psychoacoustic model. In addition, 
Quatieri discloses that subband coding is one common type of encoding for audio 
signals, in which a filterbank is used to separate an audio signal into frequency bands, 
or subbands, including middle frequency bands (page 621-625, section 12.5.1). Tewfik 
also discloses a system where a watermark, or hidden data, is spread against a 
signature into bands including the middle frequency bands, according to known spread 
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spectrum techniques (column 3 lines 28-30). Therefore a system using subband coding 
must extract a watermark from a subband corresponding to a middle frequency. 
Quatieri also discloses that subband coding is based on the general filter-bank 
summation method (page 621, section 12.5.1), which separates a signal into frequency 
bands, then uses a synthesis filter (page 324, equation 7.14) to integrate each 
sequence to determine the original signal. In addition, without direct access to data 
necessary to estimate the parameters, In addition, Moon discloses that the EM 
algorithm is commonly used for signal processing applications where parameters are 
estimated without direct access to data necessary to estimate the parameters, or when 
data is missing (page 47, first paragraph). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use subband coding, and a polyphase filterbank, to separate an 
incoming signal into subbands, extract a watermark from the subband corresponding to 
the middle frequency, then integrate the outputs of the watermark decoder to determine 
the watermark in Eggers, since subband coding, using a polyphase filterbank, is a know 
method for producing subbands from an audio signal, with available software or 
hardware implementation techniques. In addition, subband coding limits quantization 
noise to the band it was generated from, and can cancel out quantization noise that 
leaks across bands, with the use of overlapping filters, as indicated in Quatieri (page 
621-622). 

It would also have been obvious to one of ordinary skill in the art at the time of 
the invention to use the EM algorithm to estimate a scale factor (amplitude scale rate) 
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from an encoding parameter contained in the received audio signal and a watermarked 
subband in Eggers, since the EM algorithm is a known and reliable algorithm for the 
estimation of signal parameters without direct access to data necessary to estimate the 
parameters, as indicated in Moon (page 47, first paragraph), with available software or 
hardware implementation techniques. 

As per claim 6, Eggers discloses a method for decoding an audio signal comprising the 
steps of: receiving the audio signal and a side information (page 1 , section 1 . 
Introduction, the scalar costa scheme is used which includes using side information, or 
a pilot sequence, embedded with the watermark); estimating an scale factor from the 
side information and the received audio signal, and evaluating the quantizer step size of 
a decoder from the estimated amplitude-scale rate (page 3, section 3. Estimation based 
on SCS pilot sequences, when the encoding quantizer step size is known at the 
receiver, the scale factor g can be derived, which is then used to adjust the quantizer 
step size at the receiver); decoding a watermark considering the evaluated quantizer 
step size (page 3. Estimation based on SCS pilot sequences, first paragraph, the 
adjusted quantizer step size is sufficient t enable watermark reception). However 
Eggers does not disclose dividing the audio signal into subbands, estimating an scale 
factor from the side information and the received audio signal by using an expectation 
maximization (EM) algorithm, decoding a watermark from the subbands considering the 
evaluated quantizer step size, and summing up the decoded values to calculate an 
average, and calculating a correlation between the average and codes of a codebook to 
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obtain a watermark. Quatieri discloses that subband coding is one common type, of 
encoding for audio signals, in which a filterbank is used to separate an audio signal into 
frequency bands, or subbands, including middle frequency bands (page 621-625, 
section 12.5.1). Tewfik also discloses a system where a watermark, or hidden data, is 
spread against a signature into bands including the middle frequency bands, according 
to known spread spectrum techniques (column 3 lines 28-30). Therefore a system using 
subband coding must extract a watermark from a subband corresponding to a middle 
frequency. Quatieri also discloses that subband coding is based on the general filter- 
bank summation method (page 621, section 12.5.1), which separates a signal into 
frequency bands, then uses a synthesis filter (page 324, equation 7.16, the discrete 
version of equation 7. 14) to sum up each sequence and calculate an average to 
determine the original signal. The step of calculating a correlation between the average 
codes and codes of a codebook is simply looking up the codewords in a codebook, 
which Quatieri also discloses as a known step to scalar quantization (pages 598-600, 
section 12.3 Scalar Quantization). In addition, Moon discloses that the EM algorithm is 
commonly used for signal processing applications where parameters are estimated 
without direct access to data necessary to estimate the parameters, or when data is 
missing (page 47, first paragraph). 

Therefore it would have been obvious to one of ordinary skill in the art at the time 
of the invention to use subband coding to separate an incoming signal into subbands, 
decode a watermark from the subbands considering the quantizer step size, sum the 
decoded values to calculate an average, then calculate a correlation between the 
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average codes and codes in a codebook in Eggers, since subband coding is a know 
method for producing subbands from an audio signal, with available software or 
hardware implementation techniques. In addition, subband coding limits quantization 
noise to the band it was generated from, and can cancel out quantization noise that 
leaks across bands, with the use of overlapping filters, as indicated in Quatieri (page 
621-622). 

It would also have been obvious to one of ordinary skill in the art at the time of 
the invention to use the EM algorithm to estimate a scale factor (amplitude scale rate) 
from an encoding parameter contained in the received audio signal and a watermarked 
subband in Eggers, since the EM algorithm is a known and reliable algorithm for the 
estimation of signal parameters without direct access to data necessary to estimate the 
parameters, as indicated in Moon (page 47, first paragraph), with available software or 
hardware implementation techniques. 

As per claim 7, Eggers discloses wherein the quantizer step size DELTA. sub.d is 
calculated by multiplying the received quantizer step size of the encoder by the 
estimated scale factor (page 3, section 3. Estimation based on SCS pilot sequences, 
the estimation of the received quantizer set size is based on the encoding quantizer 
step size multiplied by the scale factor). 
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Conclusion 



The prior art made of record and not relied upon is considered pertinent to 
applicant's disclosure. Please see PTO-892 form. 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Dorothy Sarah Siedler whose telephone number is 571- 
270-1067. The examiner can normally be reached on Mon-Thur 9:30am-5:30pm. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Richemond Dorvil can be reached on 571-272-7602. The fax phone 
number for the organization where this application or proceeding is assigned is 571- 
273-8300. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 
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